ABSTRACT Single-carrier frequency-domain equalization (SC-FDE) is a promising technique for coherent high-rate underwater acoustic (UWA) communications. In this paper, a time-frequency domain turbo equalization (TFD-TE) scheme is proposed for single-carrier modulation. The TFD-TE scheme is to couple a multi-channel frequency domain equalizer with phase rotation compensation and a low-order single-channel time-domain turbo equalizer. To mitigate the error propagation and further enhance receiver performance, a bidirectional equalizer that combined the soft outputs of a conventional equalizer and a backward equalizer is introduced into the proposed TFD-TE scheme (Bi-TFD-TF). The sparse channel is estimated by the improved proportionate normalized least mean squares (IPNLMS) algorithm block by block. Both the simulated and experimental results show the proposed TFD-TE can effectively improve system performance with acceptable complexity. The proposed TFD-TE scheme is evaluated using communication data collected from the DJK15 lake experiment. For the 1 × 4 single-input multiple-output (SIMO) communication system using quadrature phase shift keying (QPSK) and 8-phase shift keying (8PSK) modulations, the proposed scheme achieves error-free transmission after a few iterations. Our receiver achieves a maximum raw data rate of 12 kbit/s and a reliable net data rate of 4 kbit/s within 4-kHz bandwidth at a range of 10.8 km. Compared with conventional frequency domain turbo equalization (FD-TE), the proposed TFD-TE scheme can enhance 0.8-1.3 dB in terms of output signal-to-noise ratio (OSNR). The related bi-TFD-TE provides an additional 0.8-1.7-dB OSNR improvements.
I. INTRODUCTION
High-rate underwater acoustic (UWA) communications are still challenging because of the complex channel characters, including limited bandwidths, time-varying, large multipath delay, double-selective channel fading, and strong background noise [1] . For example, long multipath delay spread in some shallow waters may cause strong inter-symbol interference (ISI) that extends over several tens or hundreds
The associate editor coordinating the review of this manuscript and approving it for publication was Guangjie Han. of symbols [2] . The slow propagation speed of acoustic wave results in significant Doppler effect. Several approaches have been proposed for high-rate underwater acoustic (UWA) communications over the last two decades, including the single-carrier with time-domain decision feedback equalizer (SC-TDE) [2] , [3] , time reversal communications [4] - [6] , orthogonal frequency-division multiplexing (OFDM) [7] - [10] , and single-carrier frequency domain equalization (SC-FDE) [11] - [14] .
SC-TDE with an embedded second order digital phase-locked loop (DPLL) which can simultaneously mitigate severe ISI and phase rotation has been successfully applied to high-rate UWA communications since 1994 [2] . However, SC-TDE receiver suffers from high computational complexity if the channel delay spread is large. Spatial diversity is often used to combat channel fading in the UWA channels. When a multi-channel receiver is deployed, the number of unknown parameters for an equalizer can reach thousands, which demands tremendous computational resources.
Orthogonal frequency division multiplexing (OFDM), implemented through fast fourier transform (FFT), is a low-complexity solution for coherent high-rate UWA communication [7] - [10] . It is very useful to combat the long multipath distortion in UWA channels by using cyclic prefixes. However, its performance suffers the high peak-toaverage power ratio (PAPR) value and intercarrier interference (ICI) caused by non-uniform Doppler shifts in UWA channels. Similar to OFDM, single-carrier frequency-domain equalization methods (SC-FDE) [11] - [14] use cyclic prefixes or zero padding to formulate circular convolution. Therefore, SC-FDE can efficiently reduce the computational complexity through FFT. The computational savings of FDE for long delay spread UWA channels are significant compared with SC-TDE, especially for multichannel receivers. In addition, the SC-FDE signal has a lower PAPR than OFDM signal, and SC-FDE is less sensitive to frequency offset. Therefore, SC-FDE has received much attention in wireless radio systems, and becomes an attractive alternative to OFDM. In the past decade, SC-FDE has been studied for high-rate underwater acoustic communications [15] - [20] .
Turbo equalization can improve the performance of communication systems through iterative processing [21] - [25] . Soft information is iteratively exchanged between the equalizer and channel decoder. Both time-domain turbo equalization (TD-TE) [24] and frequency-domain turbo equalization (FD-TE) [17] , [18] , [25] have been applied to SISO and MIMO UWA communications respectively. Although the performance improvement is demonstrated over different UWA channels successfully, the computational complexity of the multichannel TD-TE is prohibitive because UWA channels usually have a delay spread more than 100 symbols [24] . FD-TE is applied to UWA MIMO channels and demonstrated that FD-TE can reduce the complexity and improve BER performance [17] , [18] , [25] . In [26] , the authors proposed a hybrid equalization which adopted different turbo equalizers at different stage of iterative process.
In this paper, we propose a new receiver architecture to achieve better BER performance than that of FD-TE based on our previous work [13] . The receiver combines a minimum mean square error (MMSE) frequency domain equalizer with a time-domain turbo equalizer. At first, channel state information (CSI) is considered as time-invariant in each block. Considering the sparsity characteristic of UWA channels [27] , [28] , we adopt improved proportionate normalized least mean squares (IPNLMS) [19] , [29] , [30] algorithm to estimate the channels. Then, we apply a multichannel frequency domain equalizer to remove the major ISI.
In order to deal with the time variant of UWA channels, we add a single channel time-domain turbo equalizer to combat the residual ISI caused by channel estimation errors or allows adaption to channel variations [12] , [13] . Compared with conventional FD-TE, the proposed has a stronger ability to resist time-varying channels since there is an adaptive equalizer following the frequency processing. Compared with conventional TD-TE, the proposed has a low complexity since there is only one channel equalizer is adopted.
Conventional DFE is generally prone to error propagation since decision errors in current symbols are propagated to next detections through the feedback filter. Bidirectional DFE (Bi-DFE) has been investigated to mitigate error propagation and improve the performance of the conventional DFE. The Bi-DFE consists of two parallel DFE structures, one to equalize the normal received data and the other to equalize the time-reversed version of the received data. It is shown that Bi-DFE is very effective in reducing error propagation and improving the bit error rate (BER) performance. The approach takes advantage of the difference in decision error and noise distributions in the normal DFE and time-reversed DFE to obtain diversity gain. Bi-DFE was originally introduced in wireless communication [31] - [33] , and then refined for complementary code keying (CCK) UWA communication in our previous work [34] . It was also adopted for time-reversal underwater acoustic communication [35] and single-carrier modulation [13] , [36] - [38] . In this paper, the concept of Bi-DFE, which combines the soft output of normal DFE and time-reversed DFE, is embedded into the single-channel time-domain turbo equalizer in the proposed TFD-TE receiver to improve the BER performance.
The proposed TFD-TE algorithm was successfully applied to the lake experiment data collected in DJK 15. The encoded data streams were transmitted over 10.8 km range with a carrier of 6 kHz and a bandwidth of 4 kHz. Error-free transmission with 1 × 4 SIMO can be achieved both for QPSK/8PSK modulation. The lake experimental results demonstrate the effectiveness and robustness of the proposed algorithm for single-carrier communication system. Compared with conventional FD-TE, the proposed TFD-TE scheme can enhance 0.8-1.3 dB in terms of output signal-to-noise ratio (OSNR). The related Bi-DFE provides additional 0.8-1.7 dB OSNR improvement.
The remainder of this paper is organized as follows. System model is introduced in Section II. Section III presents the proposed TFD-TE algorithm, including IPNLMS channel estimation algorithm. Section IV illustrates Monte-Carlo simulation results. Processing results of the DJK15 experiment performed with the proposed TFD-TE are demonstrated in Section V. Finally, conclusions are given in Section VI.
II. SYSTEM MODEL A. TRANSMITTED SIGNAL
In this section, a SIMO SC-FDE system employing one transducer as well as M hydrophones is considered. For SC-FDE system, each transmit block is composed by the data part and the prefix part. The prefix part has a length larger than or equal to the maximum multi-path delay spread L in order to suppress the inter-block interference (IBI). The commonly adopted guard interval schemes for SC-FDE may be divided into three fundamental types, namely the cyclic prefix (CP) scheme, the zero padding (ZP) scheme, and the known symbol padding (KSP) scheme. In case of both CP and ZP schemes, data-aided channel estimation is performed by replacing some data symbols with pilot symbols. While for KSP scheme, the known sequence may represent a carefully designed sequence, such as a pseudo noise (PN) sequence, which can be directly used as pilot symbols for channel estimation, channel equalization and Doppler estimation. That is the main advantage of KSP scheme. In this paper, we adopt the KSP scheme. The packet structure of SC-FDE signal is shown in Fig. 1 . The PN sequence q = [q(0), . . . , q(ν − 1)] T used for the guard interval. Then, the overall transmitted packet can be denoted as follows
The transmitted signal is represented in baseband form as the following equation:
where x(n) are the M -ary phase shift keying (MPSK) modulated data symbols transmitted every T s seconds, and g(t) is the transmitter pulse shape filter. Signal is modulated on the center frequency f c and transmitted over underwater acoustic channels.
B. RECEIVED SIGNAL
At the receiver, the Doppler caused by UWA channels is usually compensated by resampling of the received signal [39] . Then, the received baseband signal at the m-th hydrophone after resampling processing y m (t) is given as:
where h m (τ, t) is the overall channel response of the m-th channel, including physical channel and transceiver filters; w m (t) is the additive white Gaussian noise (AWGN) with power σ 2 m ; θ m is the phase rotation caused by symbol timing offset and residual Doppler shift. Before subsequent equalization processing, we need to eliminate the interference θ m and compensate the phase. θ m can be estimated based on the inserted PN sequence.
Suppose that the channel is invariant over each block duration, the equivalent symbol spaced CIR at the m-th hydrophone is given as
where L is the channel order. Let r m denote the received signal after phase correction. The k-th received block is expressed as
For simplicity, without loss of generality, we eliminate the block index k. The received data block in matrix form is
where
H m is a circulant matrix due to the inserted PN sequence. The data is converted to frequency-domain from timedomain via FFT operation and then frequency-domain equalization is conducted. The equalized signal is converted to time-domain to make decision. The system model of single-carrier UWA is shown in Fig. 2 .
III. TIME-FREQUENCY DOMAIN EQUALIZATION
To improve the performance of high-rate UWA communication, multi-channel receivers are commonly used to get spatial diversity. The time-domain multi-channel DFE has a high complexity as the equalizer tap coefficients of each channel need to be updated quickly for fast tracking. Frequencydomain equalization has a low complexity, however, its performance degrades under time-vary channels since it does not have adaptive capabilities.
To solve above problem, we proposed a frequency domain processing scheme for multi-channel system, as shown in Fig. 3 . The received signal first is processed in frequency domain based on the MMSE rule. Then, a single-channel time domain DFE with turbo equalization is adopted to eliminate the residual ISI. Compared with conventional FD-TE, the single channel time-domain DFE could adapt the dynamic of channels with increasing the cost of computational complexity. Thus, the proposed scheme has the ability to against the time variant characteristic of UWA channels. It could achieve better performance than that of FD-TE. Meanwhile, the increased complexity is acceptable due to there is only one channel and the orders of the filter are also reduced.
A. CHANNEL ESTIMATION
Channel estimation plays a critical role in SC-FDE UWA communications. Sparseness was taken into account to apply the IPNLMS algorithm to UWA channel estimation [30] . The IPNLMS algorithm shows not only robust performance in non-sparse channels but also better performance than LMS in sparse channels. To utilize the sparse nature of the UWA channel, the IPNLMS adapts the coefficients h m as follows:
where h m (n) denotes the channel when n-th symbol is transmitted, (·) H represents the Hermitian transpose, µ is the step size, δ is a regularization parameter.
T is the error between received signal and the filter output, where
T is the training signal. m (n) is a diagonal proportionate matrix:
To guarantee its robustness in various UWA channels, the diagonal elements of m (n) are delineated as follows:
where ε is a regularization parameter and 0 < a < 1.
Actually, we employ the inserted PN sequence to estimate the channel. As show in Fig. 1 , there are two PN sequences at the front and end of transmitted data. For the k-th block, the estimated channel impulse response vector is denoted byĥ k m . In practice, we account for the time-varying property of the UWA channel by averaging the estimated channels from the (k − 1)-th and k-th blocks:
B. FREQUENCY DOMAIN COMBINATION
In Eq. (6), H m is a circulant matrix and it has an eigen-decomposition is given by
where m is a diagonal matrix whose n-th diagonal entry is given by λ m (n) = L l=0 h m (l)e −j2πnl/N and F is Fourier transform matrix.
Hence, the frequency domain received signal could be given by
where X is the frequency domain symbol block. The filtered noise remains white with the same covariance matrix σ 2 m . Applying the MMSE criterion, the frequency-domain equalized block data of m-th receiver is given as
where the filter f m is a diagonal matrix whose n-th diagonal element f m (n) is given by
whereλ m (n) = L l=0h m (l)e −j2πnl/N is the frequency domain representation of estimated channels.
Then, the time-domain equalized block data of m-th receiver is z m = F H Z m . We adopt equal gain combining (EGC) to combine the equalized signal z m , the combined signals is expressed aŝ
The matrix U is a diagonal matrix if the channel is constant during the block and the estimated channelsĥ m is accurate enough. Otherwise, there still exists value in the off-diagonal. In other words, there is still residual ISI in the processed signal. Then, the processed signal is given bŷ
In this paper, we apply a single channel direct-adaptive DFE (DA-DFE) to remove the residual ISI. The advantage of DA-DFE is that we don't need to estimate the equivalent channel u. Meanwhile, since the equivalent channel u usually is time variant, DA-DFE could track channel changes well.
Since the phase rotation is compensated in the multichannel FDE part, there is no DPLL in the following DA-DFE. Besides, the length of the equivalent channel is much shorter than original channel, the length of following feedforward and feedback filter become small. Thus, the computational complexity will be reduced, compared with the normal multi-channel time domain DFE. The DA-DFE is a common techniques in UWA communication. We don't give it in this paper, its details can be found in [2] .
C. TURBO EQUALIZATION
In order to further improve the performance, turbo equalizer is also applied [24] , [30] , [36] , [37] in our scheme. The direct-adaptive turbo equalization operates in an iterative fashion. The soft symbol estimates obtained from the maximum a posteriori (MAP) decoder in the previous iteration is utilized to suppress the residual interference. The equalizer employs IPNLMS algorithm to update the coefficients of the filter.
Assume equalized symbol is subject to Gaussian distribution given the transmitted symbol, which is represented by:
where η n is Gaussian distributed N (0, σ 2 w ), so the conditional probability density function(pdf) can be written as
where α p ∈ A = {α 1 , . . . , α P }. Generally, µ n and σ 2 w can be estimated by time averaging:
wherez(n) is the hard decision ofẑ(n); Extrinsic information of the coded bit is obtained from the equalized symbol as:
∀j :j =j P(c n,j = x n,j ) where P(c n,j = x n,j ) can be calculated by the prior log likelihood ratio (LLR):
Then, the extrinsic LLR is de-interleaved and delivered to the decoder as a prior LLR with the LOG-MAP algorithm. After decoding, the extrinsic LLR L E (c n,j ) of the decoder is interleaved and passed to the equalizer as a prior LLR L(c n,j ) for the next iteration.
D. BIDIRECTIONAL EQUALIZATION
The block diagram of the proposed bidirectional receiver structure is displayed in Fig. 4 . The proposed method performs two equalizations; a forward turbo equalizer on the received signal, and a backward turbo equalizer on its time-reversal version. The receiver combines the soft output of the forward turbo DFEz f (n) and the time-reversal turbo DFE outputz r (n).
where µ 1 (n) and µ 2 (n) are estimated error noise. The diversity combining depicted in Fig. 4 can be viewed as a weighted linear combination of the two sequences. The soft output of the diversity combining block is written as
where α = 1/2. 
E. COMPLEXITY ANALYSIS
The main advantage of our receiver compared with traditional time domain turbo receiver is its low complexity. We first apply multi-channel frequency domain equalization. After that, the equivalent channel is processed by a single channel DA-DFE with short filter. We analyze the computational complexity of our receiver in terms of the number of complex multiplications (CMULs). The main difference with other receivers is that we apply the multi-channel frequency domain processing to reduce the channel length. The number of CMULs of frequency domain equalization is MN (log 2 N + 3). Let N f and N b denote the length of feedforward and feedback filters. The number of CMULs of single channel DFE is N (3N f + 2N b + 3) , while the number of CMULs of multi-channel DFE is N (3MN f + 2N b + 3M ) . Thus, the complexity of our approach is reduced by reducing the number of channels in the feedforward filter. Its computational complexity is between FD-TE and multichannel TD-TE.
IV. MONTE-CARLO SIMULATION RESULTS
In this section, the proposed TFD-TE scheme is tested over simulated quasi-static fading channels. The channel taps are uncorrelated, and the tap number is selected as L = 10. The amplitude of the path is a Rayleigh distribution, and the average power decreases exponentially along with delay, where the first and last paths differ by 20 dB. The total energy is normalized to 1. The channel is fixed during each packet and is independently random from packet to packet. A 1 × 4 SIMO system with QPSK/8PSK modulation is investigated. Each packet includes 20 coded QPSK/8PSK blocks. The block structure in the simulation is illustrated in Fig. 1 . Each block has 512 symbols, where 126 symbols are pilot symbols. Binary information bits were encoded by a rate-1 2 convolutional encoder (171,133). The encoded bits were interleaved randomly and mapped into QPSK/8PSK symbols via Gray coding. The channel is estimated by IPNLMS block by block. The orders of feedforward and feedback filters for the direct-adaptive single-channel time domain equalizer in the proposed TFD-TE receiver are 16 and 16, respectively. Both the proposed TFD-TE scheme and its related bidirectional DFE (Bi-TFD-TE) with different iterations over the 1000 simulated quasi-static fading channels are provided. In addition, the BER performance of turbo equalization with frequency domain DFE (FD-TE) [25] and turbo equalization with multi-channel time domain direct-adaptive DFE (TD-TE) [24] are also presented for comparison. The orders of feedforward and feedback filters for TD-TE are also 16 and 16 . The number of iteration is 4 for all the methods. The BER versus signal-to-noise ratio (SNR) curves are plotted in Fig.5 , where Fig. 5(a) is the result of QPSK modulation and Fig. 5(b) is the result of 8PSK modulation. Form this figure, the performance of proposed TFD-TE is much better than that of FD-TE scheme. And the performance of TFD-TE is comparable to that of TD-TE scheme with a lower computational complexity. That is main performance loss for FD-TE scheme is caused by the channel estimation error. Although the proposed TFD-TE also need to estimate channel at the front, a single channel TD-TE is followed to deal with the residual inference. Therefore, the channel estimation error has no obvious effect on the proposed method.
V. EXPERIMENTAL RESULTS

A. EXPERIMENT SETUP
The performance results by using the proposed algorithm to the real-data collected from the Danjiangkou (DJK15) lake experiment on Jan. 2015 was presented in this section. The average water depth in the test area was less than 50 m, and the communication distance between the transceivers was 10.8 km. The source transducer was deployed 20 meters below the surface of the water with an acoustic source level about 183 dB re µPa 1m. A receiving array with 8 vertically placed hydrophones was located at a distance of 10.8 km, and the hydrophone element spacing was 0.25 m.
The structure of transmitted signal was shown in Figure 6 . Each packet consisted of a 100 ms-long starting linearly frequency modulated (LFM) signal followed by a 100 ms zero padding period, 20-coded SC-FDE data blocks, and an ending LFM signal. Each block had 386 QPSK/8PSK symbols and the know pilot symbol length was 126. Information bits were encoded by a rate- to QPSK/8PSK symbols. For QPSK and 8PSK, there are 7720 and 11580 information bits each packet, respectively. The square root raised cosine pulse with a roll-off factor 0.25 was used as the pulse shaping filter. The symbol duration Ts = 0.25 ms and each packet lasts about 2.9 seconds. During the experiment, a total of ten packets with a duration of 29 seconds were transmitted. The total transmitted signal contained 77200 and 115800 information bits for QPSK and 8PSK.
The uncoded data rate was 8 kbits/s for QPSK modulation, and 12 kbits/s for 8PSK with a symbol rate of 4 k-symbols/s. Considering all overhead, the net data rate achieved 2.7 kbps for QPSK and 4.0 kbps for 8PSK with bandwidth efficiency of 0.67 and 1, respectively. The received data were recorded at a sampling rate of F s = 50 kHz. After Doppler compensation and demodulation, received signals were downsampled to 2 samplers per symbol.
B. CHANNEL CHARACTERISTICS
The received signals from the top hydrophone are demonstrated as an example in Fig. 7 . The time-domain waveform and the spectrogram of the received passband signals are shown in the left plot and the right plot, respectively. Based on the packet structure depicted in Fig. 6 and the low received SNR, we only can clearly observe the LFM signals and data blocks by the spectrogram in Fig. 7 (b) , whereas the time-domain waveform is ambiguous in Fig. 7 (a) .
The starting LFM signals are adopted in synchronization to estimate the beginning of received signals. The maximum delay is estimated as the 15% of the maximum value of the LFM correlation output. The 10.8 km communication channel had a delay spread of about 15 ms, which is less than the PN duration. For IPNLMS channel estimation, we used 126 taps for the channel. The detail parameters of the communication system used in the lake experiment are shown in Table 1 .
Examples of the estimated CIRs for the transmissions from the source to the top four receivers are shown in Figure 8 . The levels are represented in dB relative to the intensity of the strongest path arrival. The approximately 15 ms of delay spread in the channel corresponded to inter-symbol interference of about 60 symbols. The DJK15 channels varied slowly with time, and the multipath structures remained relatively VOLUME 7, 2019 stable over a 5 s duration. The measured SNRs for 10.8 km are about 7 dB. For comparison, all algorithms are set with the same parameters. The orders of feedforward and feedback filter in TFD-TE receiver were 8 and 8.
C. RESULTS
The received data blocks are processed by the proposed TFD-TE scheme and its related Bi-TFD-TE. We also employ the FD-TE algorithm and TD-TE algorithm to process the data as comparison algorithm.
The BER performances of QPSK and 8PSK modulation after soft decision decoding with using different methods are listed in table 2 and table 3. Table 2 and Table 3 show the BERs of 5 QPSK/8PSK packets from all 10 packets and also the average BERs to demonstrate the performance improvement with different methods. For the original QPSK/8PSK data, error-free transmissions is achieved using 4-channel data. To assess the performance improvement of the proposed TFD-TE scheme more clearly, ambient noise data collected during the same experiment are added to the QPSK/8PSK data signal. Different level ambient noise are added to QPSK and 8PSK signal, to make the performance improvement more clear. For QPSK signal, a higher level ambient noise is added. The average BER of the proposed TFD-TE with 3 iterations achieves a average BER of 1.1 × 10 −3 . The related Bi-TFD-TE achieves an average BER of 1.4 × 10 −4 . It can be seen that the bidirectional equalization structure can effectively improve the performance. In contrast, the average BER of FD-TE is 5.5 × 10 −3 and TD-TE method still achieves zero error bits. For 8PSK signal, the average BER of proposed TFD-TE with 3 iterations achieves an average BER of 1.4 × 10 −3 . The related Bi-TFD-TE achieves an average BER of 7.3 × 10 −4 . According to the result in table 2  and table 3 , the performance of TFD-TE scheme is slightly superior to that of FD-TE scheme. And the performance gain of Bi-TFD-TE scheme is obvious. The TD-TE scheme has the best performance, while its complexity is also the highest.
The constellation diagram also shows the performance of the scheme. The constellation diagrams of equalized QPSK and 8PSK are shown in Fig. 9 . The scatter plots of soft QPSK and 8PSK symbols after soft decision decoding are shown in Fig. 10 . From the Fig. 9 and Fig. 10 , we find that constellation diagrams also confirm the BER result.
Output signal-to-noise ratio (OSNR) is often utilized to check the quality of the recovered symbols. The OSNR enhancements using the proposed TFD-TE algorithms for the experimentally collected data are shown in Table 4 . The TD-TE method has the highest OSNR and the performance gain from iteration is more obvious. The OSNR of TFD-TE algorithms is the lowest. Compared with FD-TE, the proposed TFD-TE scheme can enhance by 0.8-1.3 dB in terms of OSNR. The related Bi-TFD-TE provides additional 0.8-1.7 dB OSNR improvement.
VI. CONCLUSION
To improve the BER performance of single-carrier UWA communications, a low-complexity iterative detection scheme based on turbo principle is proposed. The proposed TFD-TE approach combines a multi-channel MMSE frequency-domain equalizer with a subsequent single-channel time domain turbo equalizer. The multichannel MMSE frequency-domain equalizer in the TFD-TE reduces the severe ISI caused by multipath propagation. The output of multi-channel MMSE FDE is combined into single-channel signal by MRC. The subsequent low-order single-channel time-domain turbo equalizer further eliminates residual ISI due to fast time-varying channels. To achieve further enhancement, Bi-DFE is adopted to the proposed TFD-TE receiver which achieves diversity gain through a combination of normal DFE and time-reversed DFE. The proposed algorithm has been applied to the DJK15 experiment data with one transducer and 4 hydrophones. The experimental results show the performance improvements on BER and OSNR. The QPSK and 8PSK schemes achieve zero error bits with information data rates of 2.7 kbps and 4 kbps at the range of 10.8 km, respectively. He is currently a Professor with the School of Marine Science and Technology, Northwestern Polytechnical University. His research interests include spectral estimation, array signal processing, and underwater communications and networking. VOLUME 7, 2019 
